Abstract-The investigation of spectrum overlay of a Spread Spectrum system on the existing narrowband FM broadcasting system 1 is presented. The overlaid Spread Spectrum (SS) system is assumed to utilize direct sequence (DS) spreading, using maximal length pseudorandom sequences. We studied the performance degradation of the analog FM system due to the interference produced by the SS signal, through laboratory subjective and objective measurements, for various types of spreading scenarios and for different carrier frequency differences (1 ). The RF protection ratios for the FM receivers are derived, along with SINAD measurements. Finally, these experimental results have been compared with the theoretical study of the FM receiver's audio frequency SNR output due to SS interference.
I. INTRODUCTION

S
PREAD Spectrum has been under development for the last 50 years. The interest in spread spectrum for civilian applications is growing, particularly in the area of mobile communications. One of many reasons for this growing interest is the huge demand of spectrum that has become more and more requisite for modern communication systems. Antijamming, anti-interference, privacy and low power spectral density are some of the advantages that the SS technique encompasses and strengthen its use to overlay schemes. Both field tests and analyses have provided a perspective as to what the capabilities of such a system are.
One of the most interesting aspects of DS-SS system is the possibility of overlaying the SS network on top of existing users, occupying the same frequency band. The mutual interference between these two systems becomes unavoidable. It is often possible to superimpose the DS-SS signals in such a manner that both sets of users can co-exist. This overlay concept has been demonstrated in both PCS band [1] and cellular band [2] .
One standard method for broadcasting audio is analog frequency modulation (FM) in the 87.5-108 MHz band. Standard efforts are underway to define and evaluate transmission methods for digital audio broadcasting [3] . The result of compact disc (CD) quality is expected for the received audio signal. Recently, due to the spectrum requirement, there has been a lot Manuscript received June 27, 2001; revised October 2, 2002. of interest in utilizing the analog FM band. Of course there is a constraint corresponding to the performance of the existing analog FM. A number of studies and methods making use of the spectrum of analog FM band have been already proposed [4] , [5] , [6] . Some experimental results concerning frequency hopping (FH) SS interference on narrowband FM signals can be found in [7] .
This spectrum overlay can increase communications capacity and spectral efficiency, but may cause the following types of interference: i) interference from the narrowband FM stations to the SS system and ii) interference from the overlaid wideband SS system on the FM receivers. The latter is the scope of this paper.
We first present a brief description of the existing narrowband system (Section II). In Section III we present the direct sequence spread spectrum system that have been used for the theoretical study and in Section IV we describe the system analysis of the SS interference and we derive the total SNR at the FM receiver's baseband input. Section V presents experimental results based on objective and subjective types of measurements. The SNR degradation, the derivation of the RF protection ratios and the SINAD measurements for different spreading sequences, are the issues of this section. The final section presents a comparison between theoretical and experimental results and some concluding remarks, regarding the consequences of these experiments.
II. DESCRIPTION OF ANALOG SYSTEM
In this section we briefly describe the analog FM standard with some of the associated system parameters that were used in this paper. Commercial FM radio broadcasting utilizes the frequency band 87.5-108 MHz for transmission of voice and music signals. The channel spacing is 200 kHz and the peak-frequency deviation is fixed at 75 kHz. Pre-emphasis is generally used to improve the demodulator performance at the receiver. The pre-emphasis filter has the following response:
where kHz is the 3-dB frequency of the RC filter having a time constant 50 s. The stereo message signal is a composite signal produced by the sum of left and right channels and the difference of them is used to AM modulate (DSB-SC) a 38 kHz carrier that is generated from a 19 kHz oscillator. A pilot tone at the frequency of 19 kHz is added to the signal for the purpose of demodulating the DSB-SC AM signal. The stereo signal , whose spectrum is depicted in Fig. 1 , is then transmitted by analog FM modulation, i.e., (2) Since the signal is embedded in the frequency of the carrier, any amplitude variations in the received signal are result of additive noise and interference. The hard limiter removes any amplitude variations in the received signal at the output of the IF amplifier by band-limiting the signal. A bandpass filter centered at MHz with a bandwidth of 200 kHz is included in the limiter to remove higher order frequency components introduced by the nonlinearity inherent in the limiter. A balanced discriminator is used for frequency demodulation. The resulting message signal is then passed to the audio amplifier, which performs the functions of de-emphasis, with de-emphasis filter response , and amplification. A low pass filter with a 15 kHz bandwidth used to further remove the out-of-band noise, filters the output of the audio amplifier and its output is used to drive a loudspeaker. Note that FM sub-carrier modulation for data (such as SCA and RDS) has not been included in this study.
III. DESCRIPTION OF SPREAD SPECTRUM SYSTEM
The spread spectrum signal for a single user is given by [8] as (3) where is the received power of the spread spectrum, is the time delay of the signal uniformly distributed into , is the phase angle uniformly distributed in , is the modulating digital signal, , with seconds duration, and is the carrier frequency of the signal.
is the spreading code given by where is one chip of random binary sequence , which consists of independent symbols with equal probability, is the spreading code chip duration and is the chip waveform, assumed rectangular.
The power spectral density of the spreading sequence is a line spectrum depicted in Fig. 2 where is the spreading code rate and is its length. It is assumed that shift registers generate the spreading sequence.
In this paper we assumed unmodulated pseudonoise (PN) sequence. Therefore, the spectral density of the total interference, , will be a line spectrum that resembles frequency translated by , given by [9] (5)
IV. INTERFERENCE ON FM CAUSED BY THE SPREAD SPECTRUM OVERLAY
Consider a frequency modulation system with carrier frequency , disturbed by a single spread spectrum interferer component of frequency at the receiver input. The FM signal represented by the expression:
where is the mean power and the instantaneous phase deviation is given by (7) where is the modulating FM signal (audio), is the frequency deviation and is the pre-emphasis transfer function. Symbol stands for convolution. The system model is depicted in Fig. 3 .
It is assumed that all the signals at the receiver input are mutually statistically independent. The spread spectrum interference is represented by (8) where and is the frequency difference. The signal at the receiver input is (9) where is the AWGN, is the Rayleigh distributed noise envelope and is the uniformly distributed noise phase. Following the noise analysis for angle modulation, the input at the limiter-discriminator can be expressed as: (10) where (11) and (12) where:
and . It should be noticed that, the interference noise power, , is the portion of the SS signal that passes through the IF filter bandwidth. The phasor diagram of the discriminator input is depicted in Fig. 4 , for the case . The discriminator output will be: (13) If the SNR at the IF filter is large most of the time, and the expression for can be reduced to: (14) and the discriminator output will be: where is the FM message signal before the de-emphasis, is the interference caused by AWGN given by: (16) and is the interference at the output of the discriminator caused by spread spectrum, and given by: (17) where . For the derivation of the power spectral density of the SS interference at the discriminator output, , the power spectrum of must be first calculated. Considering unmodulated case for the FM signal, will be a zero-mean, uncorrelated, WSS random process. Therefore, its spectral density, , will be identical to , given in (5), with center frequency . Hence, the PSD of will be: (18) and taking into consideration only the positive carrier frequency side of the spectrum from (5):
The effect of modulation is to produce frequency components at the output for , where is the low pass filter bandwidth, which are removed by the baseband low pass filter [10] .
The PSD of the AWGN at the discriminator output will be given by: (20) where is the amplitude of the one side power spectral density of the AWGN. The white noise interference power at the receiver output will be:
The spread spectrum interference at the receiver output will be (22) For our case of sinusoidal message signal, the power of the desired signal will be given by [11] , where bar denotes time average and we assumed . Thus:
Laboratory tests were carried out to obtain the performance of the analog FM signal in the presence of co-channel and adjacent-channel interference environment, due to Spread Spectrum overlay. The whole measurement campaign was carried out in the Mobile Radio Communications Laboratory of NTUA. Two types of measurements took place. First the objective measurements, adapted to the ITU recommendation for two-signal method [12] , and second the subjective, using the results from five expert listeners [13] . The experiments were designed primarily to demonstrate the feasibility of having the two different systems co-exist.
Distortion, SINAD and SNR are used to describe the impurity content of a signal. These terms are somewhat related and can often be confused. A pure signal is defined as a perfect sinusoid, that is, one that frequency spectrum contains only a single spectral component. Impurities are not always undesirable. Impurities, for example, are what add character to the sound of musical instruments. However, when testing a linear audio system, if a pure signal is applied to the input, anything but a pure signal at the output indicates that the system is degrading the signal. There are several common classifications of impurities: harmonics distortion, intermodulation distortion, noise and spurious signals. The Audio Analyzer measures all except intermodulation distortions.
The first step of the measurement was to produce the appropriate FM signal in the laboratory, as it was ready to broadcast from the FM stations [14] . To accomplish this we used a stereo coder with a pre-emphasis circuit, in order to meet the requirements of the previous description for analog FM system (stereo transmission, maximum frequency deviation kHz, pre-emphasis 50 s, that produces a channel bandwidth of approximately 200 kHz, according to Carson's rule).
The second step was to produce an adequate input RF level to the FM receiver, in order to evaluate the RF protection ratios for narrowband FM system due to spread spectrum interference. The input levels for stereophonic reception for the wanted signal of 40 dBm, 50 dBm and 60 dBm were applied. During the data processing of the measurements, the influence of the previous wanted signal levels on measured SNR was insignificant, divergences on the order of 0.5 dB.
A. Objective Measurements 1) Measurement System: The measurement set up for the laboratory interference test for the objective type of measurements is shown in Fig. 5 . The Audio Analyzer, before the initiation of the measurements, was calibrated such that a steady input signal of 1 kHz sine-wave at 0.775 V r.m.s, having less than 1% total harmonic distortion, gave a reading of 0.775 V, 0 dBu0s (0.775 V r.m.s. at zero relative point) [15] . The particular instrument is designed to meet all the requirements specified by ITU.
The stereo coder converts the signal from audio analyzer's internal source to a stereo pre-emphasized signal with pilot tone at 19 kHz and a suppressed sub-carrier amplitude modulated signal at 38 kHz.
The FM signal generator modulates the stereo signal from the coder at a carrier frequency that primarily has been selected, approximately in the center of the broadcasting FM band.
The spread spectrum interfering signal was produced in the laboratory from the following equipment:
The clock generator was used to external trigger the input of the PN generator, in order to produce specific types of spreading sequences. Note that we transmit only the PN sequence without data bearing and without suppressing the supplementary lobes (no filtering). The PN sequence used was a maximal length pseudo random sequence with length , dc-coupled in order to prohibit transmitting dc components (Fig. 2) .
The digital signal generator phase modulates the PN sequence at a carrier frequency near the FM carrier (frequency difference ).
A FM receiver has been used and its baseband output was input to the audio analyzer. A laptop computer controlled all the measuring equipment through HP-IB and HP-VEE software for data capture and storage. The following parameters were recorded:
• Analogue FM signal power ) in dB. 2) Measurement Procedure: Previous methods for the derivation of the RF protection ratio have been implemented for the performance of a FM receiver in an interfered environment [16] , [17] , [18] . In our case, we had to follow the ITU recommendations taking notice of the specifications for the Signal-to-Noise ratio and SINAD measurement set up of the Audio Analyzer.
Measurement of the signal-to-noise ratio requires the use of the audio analyzer's internal source. The analyzer simply turns the source on and off and measures the ac level for both conditions. This is similar to the experience you have when listening to a record at a comfortable volume, then lifting the tone arm and listening to the level of the residual hiss and hum. The internal source was set to 1 kHz tone and 0.775 V r.m.s. This particular selection is justified by: i) no weighting filters for the approximation of the response of the human hearing have been used and ii) for the prescribed frequency the response of the weighting network is 0 dB. Consequently, the measuring device should not be used as a quasipeak meter.
For the generation of the stereo signal, the left channel was only modulated with no signal applied to the right channel and this signal is the input to the FM generator with a frequency deviation of 75 kHz. As already mentioned, the RF input level of the FM stereo signal at the receiver has no certain impact to the audio SNR. The stereophonic output is taken from the record out of the receiver, unaffected by the audio frequency gain control. A mean SNR of 50 dB was attained at the input level of 50 dBm, without interfering transmission.
For the calculation of the SNR degradation of the audio signal, two series of measurements of the un-weighted signal-to-noise ratio were obtained. First the spread spectrum interference was switched off to make the first measurement of the SNR audio output. With the SS transmitter switched on, we captured again the SNR and the amount of degradation, caused by the presence of the SS signal for co-channel and adjacent channel interference, was obtained by means of comparing the mentioned two data sets.
The measurement principle for the derivation of the RF protection ratio is as follows. Reception of a wanted signal on a given frequency may be disturbed by other transmissions to an extend depending on the frequency separation between the wanted FM and interfering SS signal transmissions and their relative signal strengths at the receiver input. The receiver is fed with the spread spectrum interference while it is tuned to the wanted signal on a different frequency. The level of the interfering signal is adjust, with any given frequency difference (positive and negative), so that the value of 45 dB audio frequency (AF) SNR is just reached at the receiver output [18] . The ratio of the levels of the signal strengths when these conditions are attained is called the RF protection ratio.
The signal-plus-noise-plus-distortion-to-noise-plus-distortion (SINAD) ratio gives an indication of the audio quality of a demodulated received analog signal. An RF signal received at some particular power level will yield a unique SINAD ratio at the audio output of the radio receiver under test. Typically, manufacturers specify 12 dB SINAD as a minimum performance level. The procedure involves measuring the receiver's audio output signal in response to an incident RF signal modulated by a 1 kHz audio test tone.
The RF null-to-null bandwidth of the spread spectrum signal depends on the chip rate of the selected PN sequence. For the case of co-channel interference the spread spectrum carrier was placed in the FM channel of 200 kHz. For adjacent channel interference the SS signal was located outside the desired FM channel, so the amount of degradation due to a fraction main lobe of the spread spectrum could be determined. At this point, we should note that the considered power of the SS signal for the derivation of ratio is for the total RF bandwidth and not the fraction of power that interferes the FM signal. 
3) Results and Discussion:
The results show that the spread spectrum interference causes degradation on the analogue baseband signal by increasing the noise and therefore decreasing the SNR. The relationship between the ratio of measured power levels (FM and spread spectrum) and AF SNR will provide some reference values for terrestrial planning of spread spectrum overlaid scenario.
Different spreading of the PN sequence was used. The null-to-null RF bandwidth of the spread spectrum signal could also be determined, equal to double the chip rate for BPSK modulation. The following Figs. 6 and 7 show the improvement of the AF SNR for different spreading, for the same amount of ratio and for different frequency offsets.
4) SNR Degradation:
In order to obtain the baseband un-weighted signal-to-noise ratio, two kinds of measurements took place, as already mentioned. The first one was captured in absence of the spread spectrum signal and the second one with the SS signal switched on and the measurement was repeated. The difference between this ratio in absence and presence of the spread spectrum signal will be referred as SNR degradation. The ratio of measured power levels should be reciprocal related to the amount of SNR degradation. As this ratio increases the SNR degradation decreases, until it reaches the zero value.
The following Figs. 8 and 9 show the SNR degradation for co-channel and adjacent channel interference, for various power ratios between analog and SS signal and for a variety of PN chip rates. The shape of the SNR degradation curves is similar to the radio-frequency ratio required for stereophonic broadcasting transmission services in band 8 (VHF) at frequencies between 87, 5 MHz and 108 MHz using a maximum frequency deviation of 75 kHz, according to the ITU Recommendation [19] . In fact, the greater the spreading of the SS system the lower the values of the SNR degradation.
5) RF Protection Ratio:
For the derivation of the RF protection ratios the method outlined above was implemented. The audio frequency SNR has been recorded for different frequency separations and for various spreading scenarios. We shall focus on the next 3-D Figs. 10 and 11 . The -axis is the AF SNR in dB. The black lines represent the values of un-weighted AF SNR equal or less than 45 dB. The envelope of this particular area is the RF protection ratio from the values of carrier-to-interference ratio. For the exploitation of an overlaid case study, the worst-case scenario should be applied. Consequently, the maximum values of RF protection ratio should be taken into consideration.
It is obvious that these RF protection ratios do not preserve the same characteristics with the ITU recommendation [19] . The shape of these RF protection ratios could be justified by: i) the ITU standards are the results between wanted (FM) and unwanted (FM or carrier wave interference) signals, with a unique measurement procedure (noise generator, quasipeak meter, weighting filters, specific frequency deviations etc.) and ii) protection ratios for a wanted FM signal interfered by an unwanted co-channel Spread Spectrum signal, for different RF bandwidths, are not officially standardized and only similar studies can be found in [16] and [17] . Related results can also be found in [20] but for another type of measurement (subjective) procedure. So results presented here cannot be directly compared to similar studies.
The above results are summarized for the worst-case values in Table I , which show the total RF protection ratio, independent from carrier frequency difference , for different spreading scenarios.
As can be seen, the results are asymmetrical for negative and positive frequency differences. This offset is due to a combination of receiver tolerances and stability of the stereo coder and FM generator. The nonlinear distortion occurring during the modulation process in the signal generator has components, which widen the radio-frequency spectrum and thus give rise to increased radio-frequency wanted-to-interfering signal ratios in the region of the adjacent channel.
6) SINAD Ratio:
SINAD is a measure at the audio output of the receiver of the following voltage ratio expressed in decibels:
SINAD
Signal Noise Distortion Noise Distortion (dB) (24) Previous methods for the derivation of receiver sensitivity were used [21] . The reference level for the sensitivity of a receiver should be set at a level that provides adequate intelligibility and reflects the sensitivity of the RF amplifiers and the quality of intervening stages. The value of 12 dB SINAD means that the FM receiver operates near the threshold. The audio analyzer internal notch filter is automatically coarse-tuned to the frequency of the internal oscillator to permit measurements in the presence of large amount of impurities and to assure that the fundamental frequency is tuned out (1 kHz). The notch filter then tunes itself to the signal at the instrument's input. The ac detector of the analyzer is tuned to true rms meter. The results summarized in Tables II and III, shows estimates of the ratio required to produce an output of SINAD 12 dB and 18 dB at kHz. Likewise, the proportional distortion was recorded, determining the following value:
Noise Distortion Signal Noise Distortion (25) The levels of the SINAD and distortion should be reciprocal. As the SINAD ratio increases the distortion decreases until it reaches zero percent. The value where 0% of distortion occurred is the maximum achievable SINAD of 35 dB.
A decrease of approximately 4 dB to the carrier-to-interference ratio is the result of the increment of receiver's sensitivity from 12 dB SINAD to 18 dB.
B. Subjective Measurements
It is interesting and it is necessary to compare the objective results with audio tests using receiver's speaker. Subjective listening tests permit assessment of the degree of annoyance caused to the listener by any impairment of the wanted signal during its transmission between the originating source and the listener. Such an assessment implies that a program sequence, which has been subjected to impairment, should be compared with the original sequence, which should be of "excellent quality" or with "imperceptible impairment." For more accurate perceived quality, a headphone set was used instead. Five expert listeners have been used to evaluate the subjective audio quality. Expert listeners are preferred to nonexpert listeners. The term "expert listeners" is considered to apply to listeners who have had recent extensive experience of assessing sound   TABLE IV  TOTAL RF PROTECTION RATIO FOR WORST-CASE SCENARIO FOR SUBJECTIVE  MEASUREMENTS (GOOD QUALITY) quality or impairment, particularly of the type being studied in the subjective tests. Therefore, tests using experts give a better and quicker indication of the likely results in the long term.
1) Measurement Procedure:
The ITU-R establishes five-grade scale for the quality of the reception signal: excellent, good, fair, poor, bad [22] . The test conditions between the objective and subjective measurements were similar. The only deviation in the configuration is the employment of the headphones instead of the audio analyzer's denotation, with the purpose of eliminating the room noise. Moreover, precautions should be taken to prevent as far as possible the listeners from being annoyed or distracted by certain features of the surroundings (temperature, light, moving objects or persons, etc.).
A reference signal was used several times to indicate to the listeners the unimpaired transmission.
The reception power of the FM signal was fixed at 50 dBm, varying only the SS power with 1 dB step. As mentioned before, the influence of the wanted level of the FM signal was insignificant for the estimation of the ratio. Once again the RF protection ratio was derived from the difference between wanted and unwanted power levels, for different qualities of the reception signal.
2) Results and Discussion:
The represented values of the subjective tests are the mean values for different carrier frequency separations and for various audio qualities. As already mentioned, the worst-case values should be taken into consideration for the total RF protection ratio. The reason for the selection of good state for the derivation the RF protection ratio for the subjective measurements is that the impairment for the audio signal is perceptible to some extent but not annoying.
The SINAD 12 dB can essentially be considered as a lower performance bound that corresponds to the point where the FM receiver is just on the verge of losing capture. The threshold of perceptible interference can be set at the state of fair quality. This is the point where the interference is just audible in the receiver's speaker (or at the listeners' headphones). This threshold corresponds to an upper limit where the effects of interference are first observed. The separation between these values is in the region of 14 dB, as we can see from the Figs. 12-15 and Table IV . This difference implies a change in threshold characteristics, as defined in [17] .
The results obtained with the objective method have been compared with the results of corresponding subjective tests. From these tests, it has been found that objective measurements give a first approximation to those obtained with the subjective method. In cases where the spreading is low (higher level of interference) the difference between the subjective and objective tests may amount to more than 5 dB. The impact of higher spreading (low level of total interference power) for the performance of the output of the receiver for both measurements is almost the same.
VI. COMPARISON AND CONCLUDING REMARKS
This paper considered the problem of overlaying a DS SS system on the existing FM system in the band of 87.5-108 MHz. We investigated the amount of the SS interference, which would not cause excessive degradation in the co-located analog system through extensive laboratory measurements.
In conducting research based on simulation of communication systems, it is critical to validate the model under development to insure that results are indicative of operation in a real world environment. Since the theoretical work here was developed according to SNR degradation of the analog FM system, the initial step in validation is the confirmation of the two kinds of measurements conducted in the laboratory, objective and subjective.
The comparison of the SNR at the receiver's baseband input, through the analysis and conducted measurements, is depicted in the next figures, making estimation of the SNR for subjective measurements. One should observe from these figures, that the SNR output is a linear function of (in dB) for the theoretical approach, but in reality, as can be seen from the measurements, there is a threshold relative to the maximum SNR output depending on the sensitivity of each FM receiver. This threshold for the case of the specific test receiver is in the order of 48 dB, that explains clearly the knee at approximately 0 dB of . During the comparison we conclude to a difference on the subject of 12 dB. The reasons for such a dissimilarity are: i) the assumption of the wanted FM signal was always high above the noise and interference, ii) the operation of the receiver in the range near the threshold, is in the verge of losing capture, consequently disregarding the threshold phenomenon of FM, iii) a professional receiver has been used and not a common domestic or car receiver, increasing therefore the requisition of AF SNR output and iv) due to the inherent nonlinearity of angle modulation system, the precise characterization of their spectral properties, even for simple message signals, is mathematically intractable, therefore, the derivation of the spectral characteristics usually involves the study of very simple modulating signals and certain approximations.
It is obvious from the above remarks that the problem of overlaying analog FM and Spread Spectrum signals should further be studied. The performance degradation of the SS system caused by FM overlay ought to be examined.
The RF protection ratio values specified in Table IV are the worst-case for both subjective and objective measurements and independent from SS carrier frequency planning. These values will permit a service of good reception quality. For planning purposes, however, higher values may be required. In this respect, further field trials in real broadcasting environment should be conducted with real transmission programs, in order to assess the above results.
